An adaptive digital algorithm is described for acquiring and correcting the errors of the feedback DAC used in a multibit ¡¦ ADC. The method is highly accurate, and is particularly useful for wideband ADCs, where mismatch error shaping becomes ineffective.
Introduction
The use of multibit quantization in a ¡¦ ADC improves the accuracy and stability of the circuit, and is hence often used in state-of-art converters [1] - [3] . Since the linearity of the conversion is primarily limited by that of the feedback DAC, the inherent accuracy of the DAC (typically 10-11 bits) is usually insufficient. Mismatch error shaping can improve the DAC performance for relatively high values (say, 16 or higher) of the oversampling ratio (ÇËÊ); it transforms harmonic distortion into filtered pseudo-random noise which is usually acceptable in the output. However, for wide signal bands it is hard to realize the circuit with sufficiently large OSR for effective error shaping, and other methods must be used. In earlier contributions, we proposed an online analog calibration technique [4] and a mixed-mode one [5] . A digital linearizing technique, based on correlation operations, was also suggested recently [6] by Galton for DACs embedded in pipelined ADCs.
In this letter, we describe a digital correction scheme based on filtering for acquiring and correcting the effects of the DAC errors in ¡¦ ADCs. It incorporates mismatch error shaping, but enhances its effect by error cancellation.
The principle of the correction scheme
The block diagram of the self-correcting ¡¦ ADC is shown in Fig. 1 shaped by the MSR. At low frequencies, only Ù and contribute to the output. By removing Ù using the auxiliary single-bit ¡¦ ADC output × , it can be assured that the DAC error will dominate the output at low frequencies. (Note that bandpass filtering can also be used to achieve dominant in a frequency range above the base band.)
Analysis in the Þ-domain shows that the input to the calibration lowpass filter LPF is given by ´Þµ Ñ´Þ µ ×´Þ µ
Ë Ì Ñ´Þ µ ´Þµ · AE Ì Ñ´Þ µ Ñ´Þ µ AE Ì ×´Þ µ ×´Þ µ where Ë Ì Ñ denotes the signal transfer function, AE Ì Ñ the noise transfer function of the main loop, and AE Ì × the noise transfer function of the auxiliary loop. In (1), it was assumed that Ë Ì Ñ Ë Ì × , and hence that the terms containing Í´Þµ cancel exactly.
However, the operation is not critically dependent on this assumption. It will next be shown that by appropriately controlling the MSR operation, the DAC errors can be recovered from the sequence Ò Ñ Ò × Ò , and their effects can be corrected. The method involves a block-wise processing of the samples, with each block containing AE samples. Typically, AE is of the order of several hundreds or thousands, depending on the accuracy required. During the processing of the first block of samples, all Ã unit elements in the DAC are used equally often by applying, e.g., data-weighted averaging [3] It is also possible to use a sorting algorithm to carry out the error estimation in a parallel, rather than block-wise serial, operation. In this algorithm, the error is estimated by comparing the average DAC output error obtained for samples containing with the average error obtained for samples which do not contain it.
Simulation results
Fig . 2 illustrates the computed results for a fourth-order ¡¦ ADC, designed using the Schreier MATLAB Toolbox [7] . Block-wise operation was used, with AE ½¼¾ .
Ç Ë Ê ¿¾ was assumed, and the unit-element errors were assigned randomly, with an RMS value of ¼ ½± for a Ã -element DAC. The auxiliary ¡¦ ADC used a second-order 1-bit circuit. The opamps in both circuits had a dc gain of only ¼ dB, and a random capacitor mismatch (¼ ½±) was assumed. Fig. 2(a) shows the output spectrum Ñ under ideal DAC conditions; Fig. 2(b) shows it when the random DAC errors were included. Both the noise floor and the harmonics are unacceptably large for the ADC under these conditions. Fig. 2(d) illustrates the performance when only mismatch shaping was used to linearize the DAC. The harmonics disappear, but the noise floor is still too high for Ë ½¼¼, and hence the passband Ë AE Ê is reduced to dB from the ideal value of ½¼ ½ dB. Finally, the output spectrum is shown in Fig. 2(c) under nonideal conditions, but using the proposed correction algorithm. It is nearly identical with the ideal spectrum; the Ë AE Ê is ½¼ dB.
Conclusions
A digital algorithm is described for the correction of the nonlinear distortion introduced by the internal DAC in a multibit ¡¦ ADC. The correction scheme does not rely on a high oversampling ratio, and hence is particularly useful for wideband data converters which cannot apply mismatch shaping for suppressing the inband DAC errors. A simulation example verifies the high accuracy achievable by the proposed technique.
